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ABSTRACT
A loudspeaker array is a key component in active noise cancella-
tion (ANC) systems. Most in-car ANC systems utilize the car’s
own integrated loudspeakers to cancel the noise due to engine and
other sources. In this paper, we evaluate the integrated loudspeak-
ers’ noise cancelling capabilities by analyzing the in-car noise field
and the loudspeaker responses. We show that the average noise
power in a spatial region can be expressed using a series of coeffi-
cients, and that the noise field can be decomposed into several basis
noise patterns. Through analysing the measurements in a car, we
show that the car’s built-in loudspeakers are capable of attenuating
the driving noise by up to 30 dB for frequencies up to 500 Hz within
a spherical region of 10 cm radius.
Index Terms— Active noise cancellation, spherical harmonics,
loudspeaker array, sound field analysis
1. INTRODUCTION
The application of noise cancellation methods to minimize inte-
rior cabin noise has been a key topic of research in the automo-
bile industry for the last 15 − 20 years. Initially, this problem
was approached via passive noise cancellation methods, which use
acoustic treatments such as structural damping and acoustic absorp-
tion. However, with the growing need to improve fuel efficiency,
there has been more preference on lighter bodies and smaller en-
gines, which has significantly increased the structural vibration and
consequent interior noise, predominantly at low frequencies (e.g.
0 − 500 Hz) [1]. As passive methods were least effective with low
frequency noise, active methods were developed where secondary
loudspeakers were proposed to attenuate measured noise inside the
cabin [1, 2, 3, 4, 5]. With modern in-car entertainment systems pro-
viding 4 − 6 built-in loudspeakers, the addition of an active noise
cancellation systems is considered to involve no greater cost [6].
Generally, active control creates a signal out of phase with that
generated by the vehicle, thus noise is attenuated via destructive in-
terference. In practice, this is achieved by using microphones to
measure the residual difference between the two signals, and a feed
forward/feed back control system to do the necessary processing
[7]. Feed-forward systems use an additional “reference signal” cor-
related with the noise signal to attenuate them individually, whereas
Feed-back systems use a single-input single-output system to at-
tenuate overall measured noise [1]. Even though both methods are
proven to deliver positive results, significant soundfield control over
a single measurement point is only capable of narrowband attenu-
ation at about 40 Hz [8]. Addressing this issue, multi-input multi-
output (MIMO) controllers with multiple microphones as error sen-
sors (typically mounted on headrests) were introduced to increase
spatial coverage [6, 8, 9, 10, 11, 12]. For the specific case of road
noise cancellation, MIMO controllers were shown to achieve at-
tenuation levels up to 8 dB below 40 Hz and around 3 dB within
80 − 200 Hz [8]. Recent work on non-automobile related MIMO
controllers is presented in [13], where noise reduction above 10 dB
is obtained over a distributed set of 16 spatial samples in 0.3×0.3m
region for frequencies up to 500 Hz. A wave domain MIMO ANC
system is proposed in [14].
To the best of our knowledge, the existing in-car MIMO con-
trollers are constrained to a set of arbitrary observation points. As
a result, spatial control over continuous regions is limited and made
worse with increased frequency. Addressing this issue, we focus
this work on modeling vehicle-interior noise over a continuous spa-
tial region such that noise control can be achieved over the region
with size similar to a human head for frequencies up to f = 500 Hz.
We also derive the maximum attenuation levels for a given speaker
arrangement so that industrial designers can investigate the poten-
tial noise cancellation capability of a given loudspeaker system for
various noise sources and driving conditions. All of the analysis we
perform are based on acoustic measurements taken in a real in-car
environment.
The paper is organized as follows. Section 2 defines the prob-
lem and Section 3 describes the concept of average spatial noise.
In Section 4 the performance analysis of a given speaker system is
analyzed. Finally, Section 5 discusses experimental results based
on real measurements.
2. PROBLEM FORMULATION
Denote the unwanted noise pressure at a point x as Pn(x), and the
sound pressure due to the loudspeakers as Pc(x), the average resid-
ual noise energy within the interested region S can be expressed
as ∫
S
|Pr(x)|2dS =
∫
S
|Pn(x) + Pc(x)|2dS. (1)
A complete in-car active noise cancellation system consists of
many components, each component may have an impact on the sys-
tem’s overall performance. In this paper, we aim to evaluate the po-
tential performance of in-car loudspeakers on ANC applications by
estimating the minimum values of
∫
S
|Pr(x)|2dS for various fre-
quencies, based on the information on in-car noise field and the
acoustic characteristics of the car’s integrated loudspeakers, so as
to see if the integrated loudspeakers are the potential bottleneck for
in-car ANC systems.
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3. PRELIMINARY: AVERAGE NOISE POWER OVER
REGION
We use the spherical harmonic decomposition to express the sound
pressure at a given point within a region of interest. It is assumed
that the region of interest S with radius R is a free space with no
sound sources inside. The sound waves propagating inside the re-
gion are only due to sources outside the region. If we define a spher-
ical coordinate system with its origin located at the center of S, the
sound pressure P (r, ϑ, ϕ, k) at a given point and frequency within
the sphere can be represented as a weighted sum of spherical har-
monics [15, 16],
P (r, ϑ, ϕ, k) =
∞∑
n=0
n∑
m=−n
αnm(k)jn(kr)Ynm(ϑ, ϕ), (2)
where k = 2pif/c is the wave number, f and c are the frequency
and the wave propagation speed, respectively. αnm are the spherical
harmonic coefficients, jn(kr) is the spherical Bessel function of
order n, and Ynm(ϑ, ϕ) denotes the spherical harmonic of order n
and degree m. Ynm(ϑ, ϕ) has the orthogonal property∫ pi
0
∫ 2pi
0
YnmY
∗
n′m′ sin(θ)dϑdϕ = δn−n′,m−m′ , (3)
where the arguments (ϑ, ϕ) are omitted for simplicity, and δn,m
is the two dimensional Dirac Delta function. We can then use the
decomposition (2) to express the average sound energy within S.
Due to the orthogonal property (3), we have∫
S
|P (x)|2dS =
∫ R
0
∫ pi
0
∫ 2pi
0
P (x)P (x)∗r2dr sin(θ)dθdφ
(4)
=
∑
n,m
αnmα
∗
nm
∫ R
0
j2n(kr)r
2dr, (5)
where x = (r, θ, φ), and the wave number k is omitted for simplic-
ity. Define a new symbol Wn, such that
Wn =
( ∫ R
0
jn(kr)
2r2dr
)1/2
. (6)
Clearly Wn is real, thus (5) becomes∫
S
|P (x)|2dS =
∑
n,m
|αnmWn|2, (7)
which shows that the average sound power level within S is equal to
the sum of squared spherical harmonic coefficients with weighing
Wn.
In the active noise cancellation scenario, the residual noise field
Pr(x) in (1) thus have the average energy∫
S
|Pr(x)|2dS =
∫
S
|Pn(x) + Pc(x)|2dS (8)
=
∑
n,m
|(α(n)nm + α(c)nm)Wn|2, (9)
where α(n)nm and α(c)nm are the spherical harmonic coefficients repre-
senting the noise field and the loudspeaker sound field, respectively.
We then move on to derive an estimation of
∫
S
|Pr(x)|2dS, by
analyzing the noise field and loudspeaker channel characteristics.
4. NOISE CANCELLING PERFORMANCE ANALYSIS
4.1. Noise field characterization
For a certain driving condition, we assume that the random noise
field within S can be seen as a weighed combination of a number
of fixed, basis noise patterns, or noise modes [17], each driving
condition may have a different set of basis. Then the noise field
pressure within S at any time under a fixed driving condition can be
decomposed as
Pn(x) =
∑
i
giPi(x), (10)
where Pi(x) denotes the ith basic noise pattern at x, and gi are
some random weighing factors for each noise pattern. Theoreti-
cally an infinite number of modes are needed to fully describe an
arbitrary noise field, however for a relatively small region and low
frequencies, only a small number of noise modes are required for
a good approximation of the noise field [17]. Using the spherical
harmonics decomposition (2) to decompose the noise field Pn(x)
and the basis patterns Pi(x), we can express each noise field coef-
ficient α(n)nm using the corresponding coefficient αinm of every basis
pattern,
α(n)nm =
∑
i
giα
i
nm. (11)
We can write all the coefficients in a vector form such that a =
[α(n)00, α
(n)
1−1, ..]
T , andai = [αi00, αi1−1, ..]T , then from (11) we have
a =
∑
i
giai. (12)
In order to reflect the relative impact of each spherical harmonic co-
efficient on the overall noise level within S, we define the weighed
coefficient vector ci = [αi00W0, αi1−1W1, ..]T , and by multiplying
both sides of (12) with a diagonal matrix W with diag{W } =
[W0,W1,W1,W1,W2, ...]
T , we have
c =
∑
i
gici, (13)
where c represents the random noise field in S and ‖c‖2 =∫
S
|Pn(x)|2dS. Similar to the modal domain MUSIC DOA algo-
rithm [18], we can find a set of ci by calculating the autocorrelation
matrix E{ccH}, and then decompose E{ccH} to acquire a set of
orthonormal eigenvectors and their corresponding eigenvalues. Un-
like the MUSIC DOA method which utilizes the noise subspace
eigenvectors, we select the signal subspace eigenvectors to be ci,
which correspond to the significant eigenvalues λi. The eigenval-
ues indicate the energy distribution of the overall noise field among
the basis noise patterns, and E{|gi|} = λi.
Therefore the expected average noise power within S can be
calculated as
E{
∫
S
|Pn(x)|2dS} = E{‖c‖2} =
∑
i
‖λici‖2. (14)
Through decomposing the noise field into basis noise patterns,
we gain more insight in the dimensionality / sparsity of the noise
field. A noise field of high order may have a compact represen-
tation using (10). Furthermore, additional signal analysis methods
such as direction-of-arrival (DOA) estimation may be applied on the
basis noise patterns to identify principal noise sources, which helps
in determining optimal loudspeaker placement for ANC purposes
when designing the vehicle.
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4.2. Residual noise level estimation
We model the characteristics of loudspeakers at each frequency bin
through the wave domain channel matrix H , which describes the
loudspeakers’ response over the entire region of interest,
H =

H10 0 H
2
0 0 H
3
0 0 . . .
H11−1 H
2
1−1 H
3
1−1 . . .
H11 0 H
2
1 0 H
3
1 0 . . .
...
...
...
. . .
 (15)
with Hjnm being the spherical harmonic coefficient of order n and
degree m, defined in the region of interest S, due to the jth loud-
speaker playing a unit signal at one frequency. For an N th order
region S and an array of J independent loudspeakers, the size ofH
is (N + 1)2-by-J .
Since the noise field can be completely described by its eigen-
vectors c1, c2.., we can estimate the noise cancellation performance
by comparing the eigenvectors with the loudspeaker channels. In
particular, we define the weighed channel matrix T =WH , where
W is the diagonal matrix defined in Section 4.1.
Then we can solve for the loudspeaker driving signal solution
that minimizes (8) for each basis noise field pattern defined by ci,
which can be derived as
D = −(THT )−1THci. (16)
The residual error vector is then
ei = ci + TD = (I − T (THT )−1TH)ci. (17)
The driving signal solution (16) is essentially the Least Mean-
Square Error (LMS) solution over the continuous space S, instead
of the LMS solution based on a number of discrete spatial sampling
points which is commonly used in existing car ANC systems.
We use the eigenvalues λi as well as the original and residual
noise field vectors, ci and ei, respectively, to express the noise can-
celling performance, and the overall expected noise power reduction
ratio can be given using (14)
e =
E{∫
S
|Pr(x)|2dS}
E{∫
S
|Pn(x)|2dS} =
∑
i ‖λiei‖2∑
i ‖λici‖2
, (18)
where the term ci in (18) can be omitted since ci are orthonormal.
5. EXPERIMENTAL RESULTS
5.1. Experiment setup
In this experiment, we use the method developed in the previous
sections to analyze the potential noise cancellation performance of
the loudspeakers installed in a car (2005 Ford Falcon XR6 sedan).
We use an Eigenmike to measure the in-car noise field; the re-
gion of interest is chosen to be a spherical area with 10 cm radius,
located at the head position of the frontal passenger seat. The ra-
dius of the region is larger than that of the EigenMike (4.2 cm),
therefore we only analyze the sound field for frequencies below 500
Hz, within this frequency range, only the 0th and 1st order sound
field harmonics are active inside the region of interest [19], which
can be reliably measured by the Eigenmike placed in the center of
the region. Also, spectral analysis of the in-car noise indicate that
the majority of the noise power lie below 500 Hz (an example of
Figure 1: Picture of the EigenMike installed in a Ford Falcon XR6.
the noise spectrum is shown in FIG 3), thus the noise cancelling
performance within this frequency band is indicative of the overall
cancelling quality.
The vehicle has four full-band loudspeakers installed, two of
which are integrated in either of the front doors, while the other two
are placed behind each rear seat. Unfortunately, the car’s audio sys-
tem can only play stereo signals, which means the two loudspeakers
on either side cannot be driven separately, and always play the same
signal.
In order to characterize the noise field, we record the in-car
noise under various driving conditions. We also recorded the noise
fields due to engine and air-conditioner while the car is stationary.
For each driving condition, a 10-second-long recording is separated
into 100 snapshots, we then calculate the sound field coefficients for
each snapshot and at every frequency bin, and finally calculate the
coefficient covariance matrix of all the 100 snapshots. The covari-
ance matrix used as the estimation of ccH , and is used for further
data analysis.
The loudspeaker channel matrix is obtained by measuring the
spatial response at the region of interest due to the left channel and
right channel separately using the Eigenmike, the sound field coef-
ficients for each frequency bin are calculated in the same way as the
noise field samples. The 1st order sound field and the stereo speaker
system result in a 4-by-2 channel matrix for each frequency bin.
When calculating the residual noise field vector ei, we include
a small regularization parameter β, such that (17) becomes
ei = (I − T (THT + βI)−1TH)ci, (19)
with β = 0.01. The regularization prevents severe ill-conditioning
of the matrix inversion, thereby preventing the occurrence of very
high secondary loudspeaker volumes.
5.2. Experimental data analysis
By diagonalizing the estimated coefficient covariance matrices ac-
quired from the recordings from various driving conditions, we ob-
tained the eigenvalues for every case and each frequency bin. The
eigenvalues are given in Table 1 for the freeway driving condition
and a pure engine noise recording. For the freeway recording, the
car was driven on a freeway at 100 km/h, with air conditioning
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100 km/h 100 Hz 200 Hz 300 Hz 400 Hz 500 Hz
λ1 137.7 29.58 18.43 15.02 9.360
λ2 6.578 1.049 1.286 1.270 1.134
λ3 2.610 0.651 0.814 0.800 0.679
λ4 1.475 0.418 0.645 0.596 0.414
Engine Only 100 Hz 200 Hz 300 Hz 400 Hz 500 Hz
λ1 74.50 50.97 17.65 8.697 5.029
λ2 2.217 1.807 0.930 0.997 0.578
λ3 0.862 0.706 0.496 0.574 0.442
λ4 0.557 0.400 0.341 0.369 0.172
Table 1: Table of noise field eigenvalues for freeway driving condi-
tion and pure engine noise
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Figure 2: Noise power spectrum attenuation for 4 different driving
conditions.
turned to low; for the engine noise recording, the car was parked
in a quiet place with air conditioning switched off, and the engine
ran at various rpm during the recording.
From Table 1 we see that the eigenvalues decay quickly as the
frequency increases, which indicates the shape of the noise spec-
trum, where the lower frequencies are more dominant.
Furthermore, one may notice that the first eigenvalues for both
cases and each frequency bin are much larger than the other 3 eigen-
values, this is particularly noticeable at lower frequencies, and the
same phenomenon is observed in all the other driving scenarios. In
Section 4.1 we showed that each eigenvector of the covariance ma-
trix corresponds to a specific spatial sound field pattern, with the
relative importance of each pattern indicated by its eigenvalue. This
result shows that there is one dominant noise pattern in the region of
interest for each frequency bin. Therefore we expect that the lower
frequency noise fields can be seen as sparse, thus controlling such
sound fields may require only a small number of well-placed loud-
speakers which can nicely reproduce the dominant noise pattern.
FIG. 2 plots the noise power attenuation for four different driv-
ing conditions, with the values calculated using (18). In addition
to the freeway recording and the engine noise recording, the “Busy
Road” recording was taken while driving on a 3-lane road at mod-
erate speed with multiple vehicles passing by; while the “AC only”
recording was taken with the car parked in a quiet place and engine
idle, the air conditioning turned to maximum.
FIG. 2 indicates that for most cases, the noise cancelling perfor-
mance is relatively consistent, with the attenuation reducing grad-
ually from 30 − 35 dB at 50 Hz to 15 − 20 dB at 500 Hz. This
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Figure 3: Comparison of average noise field power spectrum before
and after cancellation.
frequency-dependent performance is expected since the noise field
is expected to be more complicated and harder to reproduce/cancel
when the wavelength is shorter. We also notice that the noise field
due to air conditioning is particularly difficult to cancel at 50− 100
Hz, compared to other scenarios. We expect this is because the
noise field due to AC is less similar to that of the loudspeakers,
compared to other noise sources. One may also notice the common
peak in all cases at 470 Hz, clearly at this frequency, the loudspeak-
ers are unable to reproduce the noise fields very well.
We also include FIG. 3 which depicts the overall noise spectrum
without attenuation, and the expected residual noise spectrum if the
in-car loudspeakers are employed to cancel the noise field. The
original noise spectrum is recorded while driving at 70 km/h with air
conditioning at minimum. The attenuation is cut off at 500 Hz. We
can see from the figure that the most dominant noise frequencies can
be effectively cancelled by the integrated loudspeakers, resulting in
a much quieter sound field within the region of interest.
In general, we can conclude that the integrated loudspeakers are
capable of cancelling the noise field within our defined region of in-
terest at the front passenger seat. However, we would expect the
performance to degrade should the noise cancellation be carried out
for multiple seats. Nevertheless, a proper in-car ANC system would
be able to drive the four loudspeakers separately, which provides
extra degrees of freedom for the loudspeaker channels, thereby pro-
moting the overall performance of the system.
6. CONCLUSION
This paper presents an expression to represent the average noise
power within a spherical region, as well as a method to characterize
the spatial noise field within the region. Using the channel informa-
tion of the secondary loudspeakers, we derive the expected spatial
noise cancelling performance of the integrated loudspeakers in a
car.
Through analysis of the in-car noise data acquired from field
tests using the method we proposed, we show that the noise field at
low frequencies are relatively sparse, and that the car’s integrated
loudspeakers are capable of cancelling the in-car noise field below
500 Hz around a typical head position.
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